Abstract-This paper presents a low cost implementation of the phase-based sound localization method proposed in Halupka et al [2] . The implementation uses PSoC programmable mixed-signal embedded System on Chip, which incorporates microcontroller, on-chip SRAM and flash memory, programmable digital blocks and programmable analog blocks, all integrated on the same chip. In order to improve the localization accuracy, filter corner frequency reconfiguration and gain reconfiguration is implemented. A wireless sensor network implementation is also presented. An extensive set of experiments are provided to explore the advantages of dynamic reconfigurability as well as the network implementation.
I. INTRODUCTION
Sound localization is the process of identifying the spatial coordinates of a sound source based on the sound signals received by a microphone array [2] . Sound localization is required for various applications such as security systems, surveillance systems, video conferencing, robot navigation and speech recognition [1, 3, 4, 6] . Sound enhancement and speech separation techniques are usually employed to achieve high precision localization. This has helped in the evolution of voice-activated portable electronics. Sound localization can be achieved using one or more microphones in the microphone array. This paper presents an implementation using two microphones.
The experiments in [2] detail the fact that the localization accuracy decreases with increase in the ambient noise. Also, temperature dependency of the speed of sound in air, introduces additional abnormality in the results. The dynamic reconfigurability aspect of PSoC can be used to overcome these limitations faced by implementations which use FPGAs or ASICs. PSoC is a programmable, mixed-signal SoC that includes 8-bit microcontroller, on-chip SRAM and flash memory, programmable digital blocks, and programmable analog blocks [7] . This makes PSoC a very attractive architecture for this application as it supports integrated implementation of the mixed-signal frontend for sound-based localization. The analog frontend of the design consists of signal conditioning, filtering, and analog to digital conversion (ADC). The digital processing includes Hanning windowing, Fast Fourier Transform (FFT), phase calculation and Maximum Likelihood (ML) algorithm [2] .
The main advantage of the implementation in this paper is its low cost as compared to the much higher cost required to develop customized integrated circuits as in [2] . Moreover, after detecting a sound source, the sound characteristics, e.g., level, frequency bandwidth, and noise, can be used to dynamically customize the implementation by modifying the topology and parameters of the building blocks, like amplifiers and filters at run time. By dynamically adjusting the corner frequency of the filter and the total gain of the system, the Signal to Noise Ratio (SNR) can be improved. Also, the reconfigurable input MUXs can be used to integrate other designs on the same chip. For example, the analog front end used for sound localization is modified at runtime and reused for temperature sensing. Temperature sensing helps in improving the localization accuracy. Therefore, reconfiguration reduces the utilized resources, hardware blocks and energy, while satisfying the performance requirements of the application.
The algorithm proposed in [2] provides adequate localization accuracy only in a specific range of the Direction of Arrival (DOA) of the sound signal. Beyond the DOA value of 60 degrees, there is drastic rise in the percentage of incorrect readings. In order to mitigate this shortcoming, this paper proposes a wireless network implementation of localization nodes. By strategically deploying these nodes over the area under consideration, sufficient accuracy can be obtained with minimal redundancy. A sensor network implementation for sound-based detection of countersniper position is explained in Ledeczi et al [1] . [10] explores the idea of design and implementation of classification and tracking algorithms on resource-constrained Wireless Sensor Networks (WSN).
The paper is organized as follows: Section 2 offers an overview of the basic method. Section 3 details the cutoff frequency and gain reconfiguration. Section 3 also explains modification of the existing design for temperature sensing. Section 4 offers a wireless sensor network implementation for sound localization. Section 5 presents our conclusions.
II. ALGORITHM FOR TDOA ESTIMATION
The sound localization method that was implemented on the PSoC mixed-signal embedded device is based on the technique proposed in [2] . A simple method of localization is to estimate the time delay of arrival (TDOA) of a sound signal between the two microphones [2, 9] . This TDOA estimate is then used to calculate the Direction of Arrival (DOA). Combining the data from two microphone pairs and by using the process of triangulation, we compute the distance of sound source from the microphone pairs as shown in Figure 1 The most commonly used phase-based TDOA estimation method is generalized cross correlation (GCC). In order to ensure that the application works well in noisy environments, we apply the PHAT weighing function to the above equation. After simplification as explained in [2] , we get the following equation:
where, "∠" denotes the phase of its respective argument, n is the index of the discrete time Fourier transform, N is the total number of samples and F s is the sampling frequency. Thus, the TDOA estimate will be that value of β which results in the maximum sigma and hence maximum cross correlation. The Direction of Arrival is then calculated using the equation [2] :
where, τ is the TDOA estimate, v is the speed of sound in air and d is the inter-microphone spacing. The overall process can be summarized as shown in Figure 2 . 
III. DYNAMIC RECONFIGURATION
It has been observed that the localization accuracy increases with increase in the Signal-to-Noise ratio [2] . One method to improve the SNR is dynamic reconfiguration of the analog frontend. Using the Cypress PSoC Family 1 chip and some decision making mechanism, the Programmable Gain Amplifier as well as the Low Pass Filter modules can be reprogrammed on-the-fly.
A. Filter cutoff Reconfiguration
The cutoff frequency (Fc) for the low pass filter module can be adjusted to a desired value, so that the noise associated with higher frequencies is attenuated. For example, the input is a 1 kHz single frequency tone with 0 dB SNR. The FFT plot for such an input is shown in Figure 3 . As seen in Figure 5 , the noise associated with higher frequencies is diminished. Consequently, the SNR improves and the localization accuracy increases.
The decision making mechanism for filter reconfiguration is as follows: During the first iteration, the filter cutoff frequency is set to 10 kHz. The frequency components of the input signal are then identified by analyzing the FFT. The cutoff frequency for the next iteration is then decided by observing the most significant components in the FFT. The filter parameters can be modified by using the LPF2 module APIs. However, to operate the filter at high performance the oversampling ratio has to be maintained above 100. Therefore, the filter cutoff is adjusted by changing the column clock. This can be done by loading the appropriate values in the Oscillator Control Register of PSoC.
B. Gain Reconfiguration
The input to the analog frontend is amplified by the Programmable Gain Amplifier (PGA) as well as the Low Pass Filter (LPF) module. We can monitor the signal captured by the ADC and adjust the amplifier and filter gain to maximize the signal strength for the next iterations. The amplifier gain can be dynamically modified using the PGA module APIs. Also, the filter gain can be varied by changing the C1/C2 capacitor ratio. The total gain can be estimated as shown in Table I . During the first iteration, the voltage gain for the amplifier is 24 and for the filter is 3.16 (8 dB). This results in a total gain of 75.84. The only gain value available for the PGA module beyond 24 is 48. Hence, the amplifier can be used when a drastic improvement in signal strength is required. However, during normal operation, we can fine tune the implementation by varying the filter gain in small steps. However, excessive gain might amplify the signal such that it exceeds the operating range for PSoC, resulting in clipping of the signal. Hence, we use a decision making mechanism to select the optimum value for amplification.
The decision making mechanism for gain reconfiguration is as follows: During the first iteration, the filter gain is 3.16 (8 dB). The samples from the ADC are then analyzed to identify the peak value. This value is converted to its equivalent voltage using the ADC conversion formula. The voltage is then divided by the total gain of the system which gives us the peak value of the actual input signal. This peak value is multiplied with a series of available gain options such that the output should not exceed 5V. The optimum value for gain is selected and the C1/C2 ratio in the filter is modified accordingly.
C. Reconfiguration for Temperature Sensing
The estimated value of Direction of Arrival (DOA) depends on the speed of sound in air as shown in equation 2. In real environments, the speed of sound in air can be calculated using the following equation [5] :
where, v is the speed of sound in air and θ is the temperature in degree Celsius.
Therefore, the speed of sound increases by 0.58 m/s for every degree Celsius rise in temperature. In order to observe the effect of temperature variation on DOA estimation, a valid reading at 23 degree Celsius is considered for each of the DOA values. Then the temperature is varied from 15 to 30 degree Celsius and the expected value is compared with the result. Figure 6 depicts the absolute error, for variable temperature conditions. The error is more for higher values of DOA. This is due to the non linear nature of the asin function in the DOA equation. However, the curves are linear because the speed of sound varies in a definite step-size for every degree variation in temperature. A temperature sensing module is added to the design to monitor the temperature in the room. The value of speed of sound is then changed accordingly. This will eliminate fluctuations in readings, especially when measurements are taken over multiple days. The external circuitry required for temperature sensing consists of a thermistor and a resistor. An ADC is required to sample the voltage level at the thermistor circuitry. By exploiting the reconfigurability of PSoC, we can reuse the hardware which is used for sound localization. The reconfiguration is done as follows: The Analog Column Input MUX is used to switch input from microphone circuitry to the thermistor circuitry. The gain of the PGA and LPF blocks is set to 1. The ADC is then used to sample the input voltage. The temperature can be calculated using the Steinhart-Hart method. The MUX input, PGA and LPF parameters are then reset so that the system can be used for sound localization.
IV. WIRELESS SENSOR NETWORK
The network of PSoCs used for localization is as shown in important to observe that only two sensing nodes (SN1 and SN2) are sufficient for localizing the sound source. However, nodes SN3 and SN4 are added as redundancy such that when the DOA for SN1 and SN2 goes beyond 60 degrees, the DOA estimates from SN3 and SN4 are given priority and vice versa.
The localization process is executed on the network as follows: The sound signal emitted by the source is captured by the SN and converted to digital samples. 128 samples are recorded on each of the microphone channels. Therefore, each sensing node collects a total of 256 samples. These are then transferred to the NN using UART wired links. Each NN contains a unique ID number. The CN transmits a packet ordering the node with a particular ID number to start sending the samples. In order to compensate for the data loss, each NN is given 5 chances to transmit the 256 bytes. As soon as these samples are received, the CN processes the data and displays the DOA result for that SN. The CN then communicates with the next NN and the process continues in a round robin fashion.
Microphone circuitry captures the input signal which is then conditioned using reconfigurable amplifier and filter modules. The ADC used for sampling has a resolution of 7 bits and sample rate 13.33 kHz. This analog frontend is implemented on Cypress PSoC family 1 chip CY8C29466 which has a system clock of 24 MHz. The hardware modules for this chip were designed using PSoC Designer 5.0. UART communication between Sensing node and Network node operates at 4.8 Kbps. The data transfer between PSoC and the Radio Module CYWM 6935 on the Network node is implemented using SPI protocol. The data rate for this transfer is 19.2 Kbps. The Radio modules operate in the 2.4 GHz ISM band. The transceivers use Direct Sequence Spread Spectrum (DSSS) technique to achieve a data rate of 31.25 Kbps. The Cypress PSoC family 3 chip CY8C3866 is operated at a system clock of 24 MHz. The hardware and software modules for PSoC 3 are designed using PSoC Creator 1.0. Prior to implementation, simulations and verification was performed on MATLAB 7.0.
V. EXPERIMENTAL RESULTS

A. Filter Reconfiguration Results
A 1 kHz single frequency tone is mixed with white noise to obtain 0 dB SNR. This signal is used to perform experiments to quantify the percentage improvement in the rms value of noise due to filter corner frequency (Fc) reconfiguration. The results are as shown in Table II . The percentage improvement in rms noise ranges from 1.54% to 41.62% with an average improvement of 17.98%.
For an audio tone input of 4 kHz with 0 dB SNR, the FFT plot is shown in Figure 8 . FFT plot for the filter output with a cutoff frequency of 10 kHz is shown in Figure 9 . FFT plot for the filter output with a cutoff frequency of 5 kHz is shown in Figure 10 . It is important to notice that the FFT is symmetrical around the Nyquist frequency (Fs/2), where Fs is the ADC sampling rate (13.33 kHz).
A 4 kHz single frequency tone is mixed with white noise to obtain 0 dB SNR. This signal is used to perform experiments to quantify the percentage improvement in the rms value of noise due to Fc reconfiguration. The results are as shown in Table III . The percentage improvement in rms noise ranges from 4.22% to 23.15% with an average improvement of 12.90%.
Finally, a 6 kHz single frequency tone is mixed with white noise to obtain 0 dB SNR. This signal is used to perform experiments to quantify the percentage improvement in the rms value of noise due to Fc reconfiguration. The results are as shown in Table IV . The percentage improvement in rms noise ranges from 2.11% to 16.15% with an average improvement of 10.40%. 
B. Gain Reconfiguration Result
A 1 kHz single frequency tone is used as input signal for the analog frontend. The total gain for the system is initially 75.84. The plot for the ADC samples is shown in Figure 11 . The optimum voltage gain selected by the decision mechanism is 5.01 (14dB). This results in a total gain of 120.24. The plot for the ADC samples for this iteration is shown in Figure 12 .
Therefore, gain reconfiguration increases signal strength while cutoff reconfiguration decreases rms noise. This results in improved SNR and consequently, better localization accuracy.
C. Network results
The network was first tested by placing the sound source in 3 different positions such that the DOA is less than 60 degrees for all the SNs. The results are as shown in Table V . The experimental results for DOA greater than 60 degrees are as shown in Table VI . Then, the distance between SN1 and SN2 was doubled from 1m to 2m. The distance between SN2 and SN3 was also doubled from 2m to 4m. The area under consideration is therefore quadrupled from 2m x 1m to 4m x 2m. The previous experiments were repeated for the new network dimensions. The results for DOA less than 60 degrees are as shown in Table VII . The experimental results for DOA greater than 60 degrees are as shown in Table VIII . Note that in all situations the wireless sensor network improves the precision of the phase-based sound localization algorithm by selecting the readings of the two nodes with the lesser localization error.
VI. CONCLUSIONS
This paper presents an implementation of a sound-based localization technique using PSoC programmable mixed-signal System on Chip. The paper summarizes the basics of soundbased localization as discussed in [2] . Reconfigurability of PSoC is exploited to achieve 17.98% reduction in rms noise by dynamically varying the filter corner frequency. Also, reconfiguration is used to modify the system gain depending on the signal strength. The combined effect of these techniques causes an improvement in the signal to noise ratio which leads to better localization accuracy. Also, a temperature sensing application is appended to the design to further improve the estimates. Finally, it is experimentally proved that a wireless sensor network can be used to overcome the shortcomings of the phase-based sound localization algorithm.
